United States Patent [i9] 

Eaton et al* 



[54] VOICE PROCESSING INTERFACE FOR A 
TELECONFERENCE SYSTEM 

[75] Inventors: Glenn A. Eaton, San Jose; Joseph A. 

McFadden, Palo Alto; Stuart A. 
Tkylor, Menlo Paric; Edward D. Tracy, 
Palo Alto; Enul C. W. Wang, Menlo 
Park, all of Calif. 

[73] Assignee: Latitute Conununications, Santa Clara, 
Calif. 



[21] Appl. No.: 363,720 
[22] Filed: Dec 23, 1994 

[51] IntCl.^ H04M3/56 

[52] U^. CI 379/202; 379/67; 379/88; 

379/89; 379/62; 370/62; 370/110.1 

[58] Field of Search 379/202, 201. 

379/207, 67, 88, 89; 370/62, 110,1; 348/14, 

16 

[56] References Cited 

U.S. PATENT DOCUMENTS 



3.883,697 5/1975 Brown 370/62 

4,059,735 n/1977 Betts 370/62 

4,061,880 12/1977 Collins et al. : 370/92 

4.076,966 2/1978 Bovoetal 370/62 

4.153,817 5/1979 D'Ortenzio 370/62 

4,225,956 9/1980 Betts et al 370/62 

4,229.814 10/1980 Betts „ 370/62 

4,254,497 3/1981 Fimdeibuik et al 370/62 

4,267,593 5/1981 Regan et al 370/62 

4.271.502 6/1981 Goutmann et al 370/62 

4,305,149 12/1981 Harrison 370/62 

4,317,007 2/1982 Hairison 379/34 

4.424.418 1/1984 Moore etal 379/204 

4.456,789 6/1984 Groves et al. 379/202 

4.488,291 12/1984 Eschmann etal 370/62 

4,540.850 9/1985 Herretal 379/67 

4,550,224 10/1985 WincheU 379/202 

4.635,251 1/1987 Stanley etal 370/62 

4,796.293 1/1989 Blinken et al 379/202 

4,805,205 2/1989 Faye 379/96 

4,809,262 2/1989 Klose et al 370/62 

4.922,490 5/1990 Blakley 370/UO.l 

4,937.856 6/1990 Natarajan 379/158 

4,975,902 12^990 Damany 370/62 

5.012,509 4/1991 Nakamuia et al 379/53 




US005483588A 



[11] Patent Number: 5,483^88 
[45] Date of Patent: Jan. 9, 1996 



5.020.098 5/1991 Celli 379/202 

5,034.947 7/1991 Epps 379/202 

5.128.989 7/1992 Nomura 379/158 

5,136,581 8/1992 Muchrcke 379/202 

5.163.084 11/1992 Kim et al, 379/88 

5.195.086 3/1993 Baumgartner et al. „ 379/202 

5.199.062 3/1993 Von Meister et al 379/67 

5,210,794 5/1993 Bninsgard 380/9 

5,212,726 5/1993 Dayncr 379/202 

5.239,573 8/1993 Rangan 379/88 

5,274.695 12/1993 Green 379/88 

5.323,445 6/1994 Nakatsuka 379/202 

5.369,694 U/1994 Bales et al 379/206 

5.373,549 12/1994 Bales et al 379/93 



Primary Examiner— JeScry A. Hofsass 

Assistant Examiner — Scott Wolinsky 

Attorney, Agent, or Finn— Blakely, Sokoloff, Taylor & Zaf- 

man 

[57] ABSTRACT 

A teleconferencing system having screened introductions, 
named introductions, roll call, talker identification, and 
subconferencing, scheduling, and recording options. A caller 
attempting to join a teleconference is prompted to enter 
identification information by generating corresponding 
DTMF signals. The caller's identification is used to index 
the caller's profile stored in memory. The profile includes a 
memory address pointer to the location at which data 
representative of the spoken name of the caller is stored. The 
caller's identification is also checked against a list specified 
by the meeting organizer and stored in memory to determine 
whether the caller is to be admitted to the teleconference. If 
the caller is to be admitted to the teleconference, an 
announcement is generated to the attendees of the telecon- 
ference using the caller's spoken name retrieved from 
memory. Likewise, when the attendee leaves the conference, 
the system detects the attendee disconnecting and retrieves 
the attendee's spoken name stored in memory in order to 
generate an announcement to the attendees: 'OCYZ has left 
the conference " The system is responsive to requests by 
attendees during the teleconference. The attendees commu- 
nicate with the system by depressing buttons on their touch 
tone phones which generate DTMF signals. The system also 
has the capability of scheduling new conferences and auto- 
matically checking for any conflicts. 

60 Claims, 12 Drawing Sheets 
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Detailed Description Text - DETX (17) : 

The voice file system 405, controlled by the user 
application module 404, 

stores and outputs voice data. More particularly, the voice 
file system 405 is 

coupled to the DSP array 410 and memory and enables real time 
support of a 

multi-port voice subsystem providing simultaneous playback 
and record 

operations as part of the automated teleconferencing services 
described herein. 

For example, when a caller wishes to join a teleconference, 
the spoken name of 

the caller is retrieved by the voice file system from the 
data storage 

subsystem and output to the DSP array 410. The DSP array 410 
processes the 

name and outputs the signals subsequently through the 
switching matrix 402 to 

line cards 4 01 for communication of a verbal announcement to 
the conference 

participants that the caller, identified by the spoken name, 
is joining the 
conference . 
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